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© A digital echo canceller [1] with a good protec- 
tion against double-talk comprises a first filter [9] for 
the echo cancellation proper, a second adaptive filter 
[11] for making continuously adapted filter coeffi- 
cients available to the first filter [9] and gate means 
[15] which will only apply the adapted filter coeffi- 
cients to the first filter [9] if certain conditions are 
satisfied. In the echo canceller [1] a specific filter 
combination is used, in which the first filter [9] is a 
time-domain programmable filter (TDPF) and the 
second filter [11] is a frequency-domain block-adap- 
tive (FDAF), and further means [20.20(1)] are pro- 
vided that are arranged in cascade with the gate 
means [15] for transforming the frequency-domain 
filter coefficients [W(p;m)] of the FDAF [11] into 
time-domain filter coefficients [w(i;m)] for the TDPF 
[9]. These measures result in the advantages of a 



negligible delay in the echo cancellation by the 
TDPF [9], and of the possibility to improve in a 
simple manner the convergence behaviour of the 
FDAF [11] and considerably reduce its computa- 
tional complexity. 




j i igiii i . * ; I ; 

I t;... -..<•• ; Mi, 
! '- -1— +! •'- 

u ^ -J- - -' 



H FIG 3 



Xerox Copy Centre 



cnorin <pp n^oi627Ai 1 > 



1 



EP 0 301 627 A1 



2 



Digital echo canceller 



The invention relates to a digital echo canceller 
with a receive path between a receive input and a 
receive output, and a send path between a send 
input and a send output, said echo canceller being 
used for cancelling an aditive echo signal at the 
send input which has occurred in response to a 
receive input signal applied to the receive input, 
said echo canceller including: 

- a filter combination comprising 

- a first digital filter with a programmable filter 
coefficient memory for generating in response to 
the receive input signal a first replica signal which 
is an estimate of the echo signal, and 

- a second, adaptive digital filter with a filter 
coefficient memory for generating in response to 
the receive input signal a second replica signal 
which is an estimate of the echo signal, the second 
digital filter further including means for forming an 
error signal that is representative of the difference 
between a signal applied to the send input and the 
second replica signal, and an adaptation processor 
for adaptiveiy modifying filter coefficients in re- 
sponse to the receive input signal and the error 
signal and applying the modified filter coefficients 
to the filter coefficient memory of this second digi- 
tal filter; 

- means for forming a send output signal as the 
difference between the signal applied to the send 
input and the first replica signal; 

- controllable gate means for selectively applying 
the modified filter coefficients to the programmable 
filter coefficient memory of the first digital filter; 
and 

- control means for blockwise determining the re- 
spective levels of the error signal and the send 
output signal, and for generating in response to the 
levels thus found a control signal for the gate 
means which depends in a predetermined manner 
on differences between the respective levels. 

A digital echo canceller of such a structure is 
known from an article entitled "Echo Canceler with 
Two Echo Path Models" by K. Ochiai et aL pub- 
lished in IEEE Transactions on Communications, 
Vol. COM-25, No. 6, June 1977, pp. 589-595. 

The echo canceller described in this article is 
esoeciaiiy arrangea for combatting the disturbing 
effect on the echo canceller adjustment caused by 
coubie-taik. Doubie-taik occurs when a desired sig- 
nal to be transmitted and an echo signal are si- 
multaneously aoplied to the send input. The super- 
positioning of these signals then results in that the 
adjustment of the echo canceller for cancelling the 
echo signal can be deranged significantly by the 
signal to be transmitted that is also present. This 
means that the current ecnc signal is then no 



longer cancelled sufficiently by the replica formed 
by the echo canceller. In the above article a robust 
solution is given to the problem of a possible 
misadjustment of the echo canceller caused by 

s double-talk. For this solution a filter combination is 
used consisting of a first digital filter which com- 
prises a programmable filter coefficient memory 
and which is used for the echo cancellation proper, 
as well as a second, adaptive digital filter with an 

70 associated filter coefficient memory. These two fil- 
ters each generate a replica of the echo signal and 
as long as the replica generated by the adaptive 
filter is a better estimate of the echo signal than the 
replica generated by the programmable filter the 

75 filter coefficients of the adaptive filter are trans- 
ferred to the programmable filter. During double- 
talk the adjustment of the adaptive filter is dis- 
turbed and then the transfer of filter coefficients to 
the programmable filter is interrupted. This 

20 achieves that the adjustment of the adaptive filter 
does not disturb the operation of the programmable 
filter for the echo canceller proper during double- 
talk. 

This known digital echo canceller is imple- 
25 mented completely in the time-domain. In the field 
of speech and data transmission, most application 
utilize time-domain adaptive filters (TDAF) that are 
realized as adaptive transversal filters using a least 
means square (LMS) algorithm for the adaptation of 

30 filter coefficients. When the length of the impulse 
response of the echo path assumes large values, 
such as. for example, can be found in applications 
in the field of acoustics, a TDAF realized as a 
transversal filter presents the drawback that the 

35 complexity expressed in terms of computational 
operations (multiplications and additions) per output 
sample increases linearly with the number of 
discrete-time components with which the impulse 
response of the echo path can be represented. 

40 More specifically, for this known echo canceller it 
holds that the number of operations required for 
computing N components is in the order of mag- 
nitude of N 2 for the programmable filter with re- 
spect to the calculation of N samples of the first 

45 replica signal, and in the order of magnitude of N z 
for the adaptive filter with respect to the calculation 
of N samples of the second reoiica signal and aiso 
in the order of magnitude of N ; with respect to :ne 
calculation of adaptations for N filter coefficients, in 

50 addition, a TDAF realized as a transversal niter has 
a low convergence speed for strongly fautor 
correlated input signals, such as speech and spe- 
cific kinds of data. For the convergence speed 
decreases as the ratio between maximum and 
minimum eigenvalues of the correlation matrix of 
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the input signal increases. In this connection refer- 
ence is made to an article entitled "Echo Cancella- 
tion Algorithms" by C.W.K. Gritton and D.W. Lin. 
published in IEEE ASSP Magazine, April 1984. pp. 
30-38, more specifically the section "LMS Algo- 
rithm" on pp. 32-33. 

The invention has for its object to obviate the 
above-mentioned drawbacks of a digital echo can- 
celler of the type described in the preamble of 
Claim 1. 

Thereto, a digital echo canceller according to 
the invention is characterized in that: 

- in the said filter combination the second digital 
filter is a frequency-domain block-adaptive filter 
having a block length of n' components and hav- 
ing, for each signal block m, a number of N 
frequency-domain filter coefficients W(p;m) with p 

= 0,1A-».n'-1. and the first digital filter is a time- 
domain programmable digital filter having a num- 
ber of N time-domain filter coefficients W(i;m) with i 

= 0,1,2 N-1, with N' exceeding N; and 

- the echo canceller further includes transforming 
means, cascaded with the gate means, for forming 
the N time-domain filter coefficients w(i;m) required 
in the first digital filter as components of an N - 
point Discrete Orthogonal Transform of a block of 
N frequency-domain filter coefficients W(p;m). 

Within the scope of the present invention it 
should be observed that know implementations of a 
frequency-domain block-adaptive filter can be used 
for example, those described in an article entitled 
"A Unified Approach to Time- and Frequency-Do- 
main Realization of FIR Adaptive Digital Filters" by 
G.A. Clark et aL, published in IEEE Transactions on 
Acoustics, Speech and Signal Processing, Vol. 
ASSP-31, No. 5, October 1983, pp. 1073-1083, and 
in an article entitled "Unconstrained Frequency- 
Domain Adaptive Filter" by D. Mansour et ai., pub- 
lished in IEEE Transactions on Acoustics, Speech 
and Signal Processing, Vol. ASSP-30, No. 5, Octo- 
ber 1982, pp. 726-734. 

An echo canceller structured in accordance 
with the invention will lead to a considerable reduc- 
tion of the computational complexity when for the 
implementation of the Discrete Orthogonal Trans- 
forms (DOT'S) or Inverse Discrete Orthogonal 
Transforms (IDOT's), respectively, fast and efficient 
algorithms are used. For the widely used Discrete 
Fourier Transforms (DFT's) as described in the 
above articles, such computational efficient algo- 
rithms are known as Fast Fourier Transform (FFT). 
More specifically, in that case the order of mag- 
nitude of the number of operations required for 
computing a number of N components can then be 
given as follows: for the time-domain program- 
mable first digital filter, N 2 with respect to the 
computation of the first replica signal; for the 
frequency-domain block-adaptive second digital fil- 



ter. NlogN' with respect to the computation of the 
adaptations for the n' frequency-domain filter co- 
efficients and also NIogN with respect to the 
computation of the second replica signal. 

5 The use of such a frequency-domain adaptive 

filter (FDAF) also enables to considerably improve 
the convergence properties for highly (auto)- 
correlated input signals, as for each of the substan- 
tially orthogonal frequency-domain components the 

w adaption gain of the adaptation algorithm can be 
normalized in a simple manner according to the 
power of the frequency-domain component con- 
cerned. In this connection reference is again made 
to the article "Echo Cancellation Algorithms" by 

rs C.W.K. Gritton and D.W. Lin, in which such a 
normalization is briefly described on page 36. 

A further considerable advantage linked with 
the specific filter combination as used in an echo 
canceller according to the invention is found in the 

20 negligible delay with which the first replica signal 
generated by the time-domain programmable filter 
(TDPF) is available for cancelling a current echo 
signal. Owing to this specific filter combination 
(FDAF and TDPF) the cancelling of the echo signal 

25 proper is not accompanied with a significant delay, 
which would be the case if both filters were imple- 
mented in the frequency-domain. For, such a slight 
delay means that in a duplex-communication link 
no additional delay in the signal path need be 

30 introduced to make a generated replica signal co- 
incide in time with the current echo signal to be 
cancelled. 

After convergence, the filter coefficients of an 
adaptive digital filter will still fluctuate around their 
35 end values, more specifically, due to the presence 
of noise or signals of a different nature superposed 
on the reference signal (current echo signal) and 
due to the finite precision (that is to say, the word 
length or the number of bits) with which the dif- 
40 ferent signals are represented in the digital filter. 
With the customary assumptions as to the statisti- 
cal independence of the different magnitudes in a 
filter, which assumptions appeared to hold in prac- 
tice, the separate filter coefficients have the same 
45 variance when so-called window functions are not 
utilized in the adaptation loop of the filter. This 
means that at a like speed of convergence of the 
adaptive filter (that is to say, a like gain factor in 
the adaptation algorithm) the use of n' in lieu of N 
so filter coefficients results in an increase of the filter 
bottom noise factor (also known as final misalign- 
ment factor) by for example 3dB in the practicle 
event when n' = 2N, since this bottom noise 
factor is determined by the sum of the filter coeffi- 
55 cient variances. In practice the gain factor in the 
adaptation algorithm is selected such that a pre- 
determined value of the bottom noise factor is not 
exceeded. In order to compensate for an increase 
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of this bottom noise factor in a FDAF, this gain 
factor should be halved in this practical event of n' 
= 2N, resulting in that the speed of convergence is 
halved as well. 

In the above article by Clark et al. a solution to 
this problem is proposed in which the N filter 
coefficients are obtained by utilizing the window 
means included in the adaptation loop for carrying 
out an operation of which the time-domain equiv- 
alent is a multiplication by a rectangular window 
function having the length of n' time-discrete com- 
ponents, and imposing the value of zero on the last 
N - N components. 

In a digital echo canceller according to the 
invention it is not necessary, however, that such 
window means be used in the FDAF, whereas the 
then increased bottom noise factor nevertheless 
does not affect the TDPF. True enough, the FDAF 
uses n' frequency-domain filter coefficients cor- 
responding to n' time-domain filter coefficients, but 
transferring filter coefficients from the FDAF to the 
TDPF requires a transformation from the 
frequency-domain to the time-domain. From the n' 
corresponding time-domain coefficients the N - N 
time-domain coefficients which are extraneous as 
regards the TDPF can be eliminated in a simple 
manner during, this transformation, so that also the 
contribution of these N - N time-domain coeffi- 
cients to the bottom noise factor of the FDAF does 
not penetrate to the TDPF. In addition, the window 
function thus realized can be implemented in a 
much simpler manner than the window function 
used in a FDAF, whose implementation consider- 
ably adds to computational complexity of a FDAF 
(compare the description of Figure 3 in the above 
article by Clark et al.). 

Summarizing: an echo canceller according to 
the invention results in the following advantages 
with respect to the prior art techniques: 

- a considerable reduction of the number of com- 
putational operations required for cancelling echo 
signals: this especially plays a role in echo paths 
having an impulse response of a large length, such 
as acoustical echo paths in which a relatively large 
number (1000 to 2000) of filter coefficients is re- 
quired for the echo cancellation; 

- a speed of convergence that can be increased in 
a simple manner: 

• an echo cancellation with a negligible delay: and 

- a slight bottom noise despite the absence of 
window means in the FDAF. 

In addition, these advantages are obtained while 
maintaining a robust solution to the problem of 
aoubie-tatk. 

Although in case of double-talk the TDPF is 
isolated because the supply of filter coefficients 
from the FDAF is interrupted, this FDAF itself can 
be rnisacjusted considerably during double-taik. 



This means that after double-taik has ended, addi- 
tional time would be required to remove such a 
misadjustment (or: misalignment) and subsequently 
resume supplying properly adjusted coefficients 
5 from the FDAF to the TDPF. According to a further * 
aspect of the invention this objection can be met. 
Thereto, a preferred embodiment of an echo can- ^ 
ceiler according to the invention is characterized in 
that: 

70 - the echo canceller also comprises a cascade 
arrangement of second controllable gate means 
and second transforming means for forming the N 
frequency-domain filter coefficients W(p:m) as 
components of a Discrete Orthogonal Transform of 

75 the N filter coefficients w(i:m) in the programmable 
filter coefficient memory of the first digital filter and 
for selectively feeding back the thus formed filter 
coefficients W(p;m) to the second digital filter: and 
in that 

20 - the control means are also arranged for blockwise 
determining the respective levels of the receive 
input signal and the send input signal, and for 
generating a second control signal for opening the 
second gate means if the level of the receive input 

25 signal thus determined is lower than the level of 
the send input signal thus determined. 

The properly adjusted filter coefficients present 
in the TDPF just prior to the occurrence of double- 
talk can thus be fed back from the TDPF to the 

30 FDAF during double-talk. It shoud be observed that 
the conveying of filter coefficients from the FDAF 
to the TDPF and vice versa will take place in 
mutually separated time intervals, so that the re- 
spective transformations concerned are not effec- 

35 ted simultaneously. This means that in a practical 
implementation the available process time can be 
used efficiently. 

An echo canceller according to the invention 
can advantageously be used in a icudspeaking 

40 telephone set. In this respect it is to be recom- 
mended, when installing the telephone set. to 
preprogram the programmable filter coefficient 
memory in which the filter coefficients supplied are 
temporarily stored and which forms a part of the 

45 TDPF. This is quite possible since a large portion 
of the echo path between loudspeaker and micro- 
phone is determined by the set itself and, there- *• 
fore, is known. Consequently, the impulse response 
to be modelled (which is characteristic 3f the :ur- 

50 rent echo path) can be reasonably approximated n 
the first instance by inoutting as initial vaiues : n this 
programmable filter coefficient memory filter coeffi- 
cients representing such an approximated modei. 
The invention and its advantages wili be further 

55 explained hereinbeiow with reference :o the draw- 
ings, in which: 
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Figure 1: shows a diagram illustrating the 
manner in which an echo canceller is generally 
used in a set used for receiving and transmitting 
speech signals; 

Figure 2: shows a diagram of a discrete-time 
model of a known embodiment of a digital echo 
canceller; 

Figure 3: shows a general diagram of a 
discrete-time model of an embodiment of a digital 
echo canceller according to the invention; 

Figure 4: shows a more detailed diagram of 
a discrete-time model of an embodiment of a digi- 
tal echo canceller according to the invention; 

Figure 5: shows a diagram of a variant of a 
portion of the embodiment as shown in Figure 4, to 
illustrate a different implementation of the overlap- 
save method; and 

Figure 6: shows a diagram of an optional 
implementation of the control means shown in Fig- 
ure 5 for generating control signals for the gate 
means used for conveying filter coefficients. 

In Figure 1 is shown a simplified conceptual 
block diagram of the use of an echo canceller in a 
telephone set having loudspeaker reproduction of a 
received speed signal. Such an echo canceller 1 
comprises a receive path 2 with a receive input Rl 
and a receive output RO, as well as a send path 3 
with a send input SI and a send output SO. A 
receive input signal x(t), henceforth being denoted 
as far-end signal, is applied to receive input Rl and 
transferred via receive path 2 to receive output RO 
which is connected to a loudspeaker 5 via a re- 
ceive amplifier 4. A microphone 6 generates a 
signal to be transmitted which is applied as a send 
input signal s(t) to send input SI via a send am- 
plifier 7, the signal henceforth being denoted as 
near-end signal. This near-end signal s(t) is trans- 
ferred via a send path 3 to a send output SO. 
Between loudspeaker 5 and microphone 6 there is 
an acoustic echo path symbolically represented in 
Figure 1 by an arrow 8. Via this acoustic echo path 
8 a far-end signal x(t) at receive output RO can 
introduce an undesired additive echo signal e(t) at 
signal input SI, so that a sum signal z(t) = s(t) + e- 
(t) is applied to signal input SI. Echo canceller 1 
now has as its task to cancel this undesired echo 
signal e(t) in the best possible way. Thereto, echo 
canceller 1 comprises a filter which in response to 
far-end signal x(t) in receive path 2 generates a 
signal e(t) that is a replica of the undesired echo 
signal e(t). This replica signal e(t) is subtracted 
from sum signal z(t) = s(t) + e(t) at send input SI by 
means of a combining circuit 10 for forming a send 
output signal r(t) which can be described as 

r(t) = s(t) + [e(t)-e(t)] 
From this expression it appears that signal r(t) at 
send output SO represents the signal to be trans- 
mitted s(t) when replica signal e(t) is a reliable 



estimate of echo signal e(t), as in that case the 
second term in the right-hand member of this ex- 
pression will be practically equal to zero. Generally, 
the transfer characteristic of the echo path between 

s the receive output RO and send input SI will be 
time-varying, in which especially acoustic echo 
path 8 may show large variations. As echo signal 
e(t) t in a good approximation, may be considered 
to be the linear convolution of far-end signal x(t) 

io with the impulse response h(t) of the echo path 
between the receive output RO and the send input 
SI, the shape of time-varying impulse response h(t) 
will lead to corresponding variations of echo signal 
e(t) at send input SI. Therefore, filter 9 in echo 

T5 canceller 1 is arranged as an adaptive filter having 
as its task to adjust its impulse response w(t) in the 
best way possible for fitting the impulse response 
h(t) of echo path RO-SI. The adaptive adjustment 
of this filter 9 is controller by signal r(t) at the 

20 output of combining circuit 10. This adaptive ad- 
justment is continued as long as there is a correla- 
tion between the control signal r(t) and the far-end 
signal x(t). When only the far-end signal x(t) is 
present (and, consequently, near-end signal s(t) 

25 =0), adaptive filter 9 will generate a replica signal 
e(t) which is a reliable estimate of the echo signal 
e(t). However, when far-end signal x(t) as well as 
near-end signal s(t) are present a situation will 
arise which is commonly referred to as double-talk. 

30 If no proper measures are taken, adaptive filter 9 
can be considerably misadjusted during double-talk 
owing to the presence of near-end signal s(t) as a 
disturbing factor in control signal r(t). This misad- 
justment of adaptive filter 9 leads to a replica signal 

35 e(t) which is no longer a reliable estimate of echo 
signal e(t), so that at send output SO a signal r(t) 
will occur which is disturbed to an annoying degree 
by an inadequately or even improperly cancelled 
echo signal. 

40 Since the present invention relates to a digital 

echo canceller, a discrete-time modelling will be 
utilized in the following description. Such a model- 
ling can be obtained in the most convenient man- 
ner by assuming in the conceptual diagram of 

45 Figure 1 that the signals x(t) and z(t) are applied to 
receive input Rl and send input SI via analog-to- 
digital converters (not shown), the signals x(t) and 
r(t) at receive output RO and send output SO are 
taken off via digital-to-analog converters (not 

so shown), and further that all relevant signals in echo 
canceller 1 are digital signals. These digital signals 
are denoted in a conventional manner so that, for 
example, x(k) denotes a quantized sample of 
continuous-time signaf x(t) at instant t = kT. in 

55 which 1/T is the sampling frequency. For complete- 
ness it should be observed that in practice a 
discre te-time signal x(k) to be applied to filter 9 is 
derived from continuous-time signal x(t) in receive 
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path 2 by means of an analog-to-digital converter 
between receive path 2 and the input of filter 9 so 
as to achieve that no unnecessary quantizing noise 
is introduced into the signal x(t) applied to the 
loudspeaker 5 through a cascade arrangement of 
analog-to-digital and digital-to-analog converters. 
The latter item is disregarded for the further de- 
scription. 

Figure 2 shows a diagram of a discrete-time 
model of a known embodiment for a digital echo 
canceller offering a robust solution to the problem 
caused by double-talk set forth hereinbefore. Cor- 
responding elements in Figures 1 and 2 (and also 
in the further Figures) are always denoted by the 
same reference symbols. In Figure 2 the complete 
echo path between receive output RO and send 
input SI is further shown diagrammatically by 
means of a dashed line block 8, which path pro- 
duces an undesired echo signal e(k) in response to 
signal x(k) and is connected through an adder 
shown in a dashed line to send input SI for forming 
the sum signal z(k) = s(k) + e(k). 

The configuration of echo canceller 1 in Figure 
2 corresponds to that of Figure 1 in the aforemen- 
tioned article by Ochiai et al. This echo canceller 1 
comprises a filter combination including a first 
time-domain programmable filter 9 having a prog- 
rammable memory 9(1) for the filter coefficients, 
and a second time-domain adaptive filter 11. In 
response to far-end signal x(k) the first time-do- 
main filter 9 produces a first replica signal e(k) 
which is an estimate of echo signal e(k). Thereto, 
filter 9 comprises a circuit 9(2) for effecting a linear 
convolution of signal x(k) with the impulse response 
of filter 9 which is represented with a number of N 
filter coefficients in memory 9(1) which have values 
w(i), where i = 0.1.2....N-1 and N is equal to the 
number of samples used for a sufficiently accurate 
representation of impulse response h(i) of echo 
path 8. This first replica signal e(k) generated by 
filter 9 is used for the echo cancellation proper and 
is thereto subtracted in combining circuit 10 from 
sum signal z(k) = s(k) + e(k) at send input SI for 
forming signal r(k) at send output SO. The second 
time-domain adaptive filter 11 is arranged to al- 
ways have the most suitable values w(i) for the N 
filter coefficients of the first time-domain filter 9 
available. Thereto, filter 11 comprises a time-do- 
-nain filter section 12. an adaptation processor 13 
and a combining circuit 14. In response 10 far-end 
signal x<ki filter section 12 generates a second 
repiica signai e 3 (k) which is also an estimate of 
echo signal eikj. Filter section 12 thereto com- 
prises a memory 12(1) for a number of N filter 
coefficients and a circuit 12(2) for effecting a linear 
convolution of signal x(k) with the impulse response 
of filter 1 1 which is represented with the N filter 
coefficients ;n memory 12(1). By means of combin- 



ing circuit 14 an error signal r a (k) is formed repre- 
senting the difference between sum signal z(k) = 
s(k) + e(k) at the send input Si and this second 
replica signal e a (k). Adaptation processor 13 is 
5 arranged for adaptively correcting each of the N 
coefficients of filter 1 1 in response to far-end signal 
x(k) and error signal r a (k), and also for constantly 
applying these N corrected filter coefficients to 
memory 12(1) of filter section 12 of filter 11. In this 
jo manner recently corrected values of the N filter 
coefficients of the first programmable filter 9 are 
constantly available in memory 12(1) of the sec- 
ond, adaptive filter 1 1 . With respect to the adapta- 
tion effected in processor 13 it should be observed 
75 that for this purpose known algorithms of the least- 
mean-square type can be used. Furthermore, it is 
worth mentioning that error signal^ r a (k) in Figure 2 
is equal to the difference z(k) - e a (k) between the 
signals a the send input SI and the output of the 
20 filter section 12, but that it is equally possible to 
utilize in a known manner strongly quantized ver- 
sions of this difference as error signal r a (k), as a 
result of which the implementation of adaptation 
processor 13 can be simplified. 
25 The values of the N filter coefficients in mem- 

ory 12(1) of adaptive filter 11 are continuously 
adapted to the variations of impulse response h(i) 
of echo path 8. but these continuously adapted 
values are applied only selectively to program- 
ed mable memory 9(1) of filter 9 via controllable gate 
means 15. As long as the second replica signal e a - 
(k) generated by the adaptive filter 11 is a better 
estimate of echo signal e(k) than the first repiica 
signal e(k) generated by programmable filter 9. 
35 these gate means 15 are open and the adapted 
filter coefficients in memory 12(1) of adaptive fiiter 
11 are transferred to programmable memory 9(1) 
of fiiter 9. During the double-talk both the near-end 
signal s(k) and the echo signal e(k) are present at 
40 the send input SI, and adaptive fiiter 11 can be 
misadjusted to a considerable extent by the pres- 
ence of near-end signal s(k) as a disturbing term in 
error signal r a (k) f from which the^ situation may 
arise that the first replica signal e(k) is a better 
45 estimate of the echo signal e(k) than the second 
replica signal e a (k). In such a situation the gate 
means 15 are blocked and the supply of adapted 
filter coefficients to programmable memory 9(1) >s 
interrupted. This achieves 'hat programmable f ilter 
so 9 is rendered so to say immune *c a oossio:e 
misadjustment of adaptive filter 11 during ncubie- 
taik, so that in that case too an effective cancella- 
tion of echo signal e(k) is guaranteed as 'ong as 
echo path 8 is not subject to significant changes. 
55 As a most important criterion for controlling the 

gate means 15 is used the mutual relationship 
between the levels of the error signal r a <k> «n adap- 
tive filter 11 and of signai rfki at send cutout SC. 
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Thereto, the echo canceller 1 in Figure 2 com- 
prises control means 16 arranged for blockwise 
determining the respective levels of the error signal 
r a (k) and send output signal r(k). In response to 
these levels, determined blockwise, of the signals 
r a (k) and r(k), control means 16 produce a control 
signal for gate means 15 which depends in a 
predetermined manner on the differences between 
these levels. In accordance with the above article 
by Ochiai et al. a control signal is produced for 
opening gate means 15 for applying adapted filter 
coefficients to programmable memory 9(1) when 
the following condition is satisfied 

L[r a (k)] < CiL[r(k)] (1) 
In this expression the symbol L denotes the level 
of the relevant signal in a block of a number of M 
consecutive signal samples and ci is a positive 
constant of a value smaller than 1 . In the case of 
speech signals having a sampling rate of 1/T = 8 
kHz, a possible choice for M and Ci can be, for 
example; the values of M = 128 and Ci = 0.875. 
As is known, the level L of a signal in a block of M 
signal samples can be represented in different 
ways, for example, by the average value, over one 
block, of the amplitude or of the power of the 
signal samples, but also by the peak value of the 
amplitude of the signal samples in this block. In the 
following description it will be assumed that the 
level L is related to the average value, over one 
block, of the power of the signal samples, but self- 
evidently, this assumption does not imply a restric- 
tion of the idea of signal level. 

The above condition (1) indicates that the level 
of the error signal r a (k) is more than -20 log Ct dB 
lower than the level of the send output signal r(k). 
In a practical implementation of control means 16 
condition (1 ) is further required to be satisfied for a 
number of D consecutive blocks of M signal sam- 
ples before the control signal opens the gate 
means 15 for applying filter coefficients to prog- 
rammable memory 9(1) of filter 9. For example, the 
value D = 3 can be selected for the said values for 
Mandci. 

The control of gate means 15 on the basis of 
condiditon (1) appears to be sufficient in practice to 
avoid in most cases the disturbance of echo can- 
cellation during double-talk. This control can be 
improved by demanding in accordance with the 
above article by Ochiai et al., that a control signal 
for opening gate means 15 should only be gen- 
erated when, in addition, the following conditions: 

L[r a (k)] < c 2 L[z(k)] (2) 

L(z(k)] < c 3 L[x(k)] (3) 
are satisfied simultaneously, in which c 2 and c 3 are 
positive constants having a value smaller than 1. 
Once these conditions (1), (2) and (3) are satisified 
simultaneously for D consecutive blocks of M sig- 
nal samples, the gate means 15 are opened and in 



the opposite case the gate means 15 are blocked 
so that the supply of adapted filter coefficients to 
programmable memory 9 (1) is interrupted. Con- 
dition (2) indicates that the level of error signal r a (k) 
5 is more than -20 log c 2 dB lower than the level of 
the send input signal z(k). When double-talk is 
absent, thus in the case when near-end signal s(k) 
= 0, condition (2) implies that the cancelling of 
echo signal e(k) by second replica signal e a (k) is 
w better than -20 log c 2 dB. Condition (3) implies that 
the transfer of adapted filter coefficients is inter- 
rupted when the level of send input signal z(k) is 
less than -20 log c 3 dB lower than the level of far- 
end signal x(t), so when it is evident that double- 
75 talk occurs. 

As it has already extensively been explained 
hereinbefore, such an echo canceller with a filter 
combination of two time-domain filters 9 and 11 
has the inherent objections that the complexity, 
20 expressed in terms of computational operations 
(multiplications and additions) per output sample, 
for programmable filter 9 as well as adaptive filter 
11, increases linearly with the number of N sam- 
ples used for a sufficiently accurate representation 
25 of impulse response h(i) of echo path 8, whilst the 
adaptive filter 11 usually realized as a transversal 
filter has a low speed of convergence for strongly 
(auto)correlated far-end signals x(k), such as 
speech and specific types of data. These objec- 
30 tions weigh especially heavily when impulse re- 
sponse h(i) of echo path 8 has a large length with 
values N from 1000 to 2000. as is the case with the 
acoustic echo paths under discussion. 

Figure 3 shows a general diagram of a 
35 discrete-time model of an embodiment for a digital 
echo canceller according to the invention, by 
means of which the above objections of the known 
echo canceller described with reference to Figure 2 
are met. 

40 Thereto, an echo canceller according to the 

invention includes a specific filter combination, in 
which the first digital filter 9 is a time-domain 
programmable filter (TDPF) and the second digital 
filter 1 1 is a frequency-domain block-adaptive filter 

45 (FDAF). The choice of this specific filter combina- 
tion (9,11) is based on the consideration that TDPF 
9 operates on a sample-by-sample basis so that 
the first replica signal e(k) for cancelling a current 
echo signal e(k) at the send input SI is available 

50 with a delay of one sample interval which is negli- 
gibly small in practice, and the use of a FDAF 11 
enables a considerable saving in numbers of com- 
putational operations and, in addition, enables to 
improve considerably in a simple manner the con- 

55 vergence behaviour of the echo canceller 1 . while 
retaining the robust solution to the problem of 
double-talk which is explained with reference to 
Figure 2. 
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in Figure 3 the general structure of a 
frequency-domain block-adaptive filter 1 1 is repre- 
sented in a general diagram. In Figure 3 and in the 
next Figures double-lined signal paths denote 
paths in the frequency-domain and single-lined sig- 
nal paths denote paths in the time-domain. Trans- 
formations from the time-domain to the frequency- 
domain and vice versa are effected by means of 
Discrete Orthogonal Transforms (DOTs) and their 
inverses (IDOT's). respectively. An illustrative ex- 
ample of such transformation is the Discrete 
Fourier Transform (DFT) and its inverse (IDFT), 
which are utilized extensively, compare the above 
articles by Clark et ai. and Mansour et al. For 
practical reasons of computational complexity and 
permissible signal delays these DOTs have a finite 
block length n' and in the literature such trans- 
formations are known as N'-point DOT'S, in which 
"point" may refer both to a discrete time-domain 
component and to a discrete frequency-domain 
component. With respect to the block length N the 
following observations are made. FDAF 11 has to 
generate a replica signal e a (k) which is a good 
estimate of echo signal e(k). Echo signal e(k), in its 
turn, may be considered to be a linear convolution 
of far-end signal x(k) with impulse response h(i) of 

echo path 8 with i = 0,1,2 N-1. It need not be 

further elucidated that FDAF 1 1 also has to present 
an impulse response of a length N for generating a 
replica signal e a (k) as the linear convolution of far- 
end signal x(k) with the impulse response of FDAF 
11. In FDAF 11 the operations required thereto are 
effected on blocks of N' points in the frequency- 
domain, and it is well known that these operations 
correspond with a circular convolution in the time- 
domain, in which the period is equal to the block 
iength n'. The desired linear convolution can then 
be obtained by applying a suitable sectioning of 
the time-domain signals which are involved in the 
N'-point DOTs, in which the most common sec- 
tioning procedures are the overlap-save method 
and the overlap-add method. The^ above implies 
that generally the block length n' of the DOTs 
exceeds the desired length N of the impulse re- 
sponse of FDAF 1 1 . In the above article by Clark et 
al. it is stated that for the most efficient implemen- 
tation of FDAF 11 presenting an impulse response 
having the length of N, use is made of DFT's 
^avmg a block length N = 2N. and of a sectioning 
of time-domain signals into blocks of N = 2N 
points ;n *hich each block overlaps the previous 
block by N points. For large values of N. for 
example N = 1000 to N = 2000 m the present 
case of acoustic echo paths 8, the computational 
complexity can yet be decreased considerably by 
utilizing efficient implementations of the DFTs 
known as "Fast Fourier Transform" (FFT). due to 
whicn :ne number of computational operations per 



5DOCID: <EP 0301627A1_I_> 



N points of replica signal e a (k) is of the order of N 
log N. Such computationally efficient implementa- 
tions are also known for other types of DOT's than 
the DFT, but for simplicity it will be assumed 

5 hereinafter that the N'-point DOT is an N -point 
DFT with N' = 2N. In addition, frequency-domain 
signals will be denoted by upper case letters tc 
differentiate in a simple manner between 
frequency-domain and time-domain signals, whilst 

to the time-domain signals, as was done in the fore- 
going, are denoted by lower-case letters. Finally, 
the further description is aimed at applying the 
overlap-save method as a sectioning procedure of 
the time-domain signals. 

75 The structure of FDAF 11 shown in Figure 3 

can most conveniently be described with reference 
to the structure of time-domain adaptive filter 1 1 in 
Figure 2. FDAF 1 1 again comprises a filter section 
12, an adaptation processor 13 and a combining 

20 circuit 14. but in Figure 3 filter section 12 and 
adaptation processor 13 operate in the frequency- 
domain, so that three domain transformations have 
to be effected, that is to say 

- by means of transforming means 17 and asso- 

25 dated sectioning means 17(1): a 2N-point DOT, for 
transforming each block of 2N time-domain points 
of far-end signal x(k) into a block of 2N frequency- 
domain points, which are denoted X(p;m) with p = 
1,2,2...,2N-1 for a block of block number m: 

30 - by means of transforming means 18 and asso- 
ciated sectioning means 18(1): a 2N point IDOT, for 
transforming each block of 2N frequency-domain 
points E a (p;m) into a block of N time-domain points 
of replica signal e a {k); 

35 - by means of transforming means 19 and asso- 
ciated sectioning means 1 9(1 ): a 2N-point DOT. for 
transforming each block of N time-domain points of 
error signal r a (k), after it has been augmented to a 
block of 2N time-domain points, to a block of 2N 

40 frequency-domain points R a (p;m). 

The details of the overlap-save method used for 
the sectioning procedure will be further explained 
with reference to Figure 4. Filter section 12 of 
FDAF 11 comprises a memory 12(1) for storing the 

45 2N frequency-domain fitter coefficients W(p:mi of 
block m and a circuit 12(2) for multiplying each 
frequency-domain point X(p:m) by an associated 
frequency-domain filter coefficient W(p:m), for for- 
ming products Xfp:m>Wrp:m) representing re 2N 

50 frequency-domain points E. 3 (p:m>. Adaptation oro- 
cessor 13 is further arranged e or obtaining *p re- 
sponse to the 2N frequency-domain points X(o.m» 
and R a (p;m) biockwise-adapted frequency-ocmain 
filter coefficients W(p:m> which are stored m -nem- 

55 ory 12(1). 

Because it is the task of FDAF 11 io always 
present the most suitable values for the filter coeffi- 
cients of TDPF 9, bu: because the r iiter cceff:c:erts 
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W(p;m) of FDAF 11 are frequency-domain filter 
coefficients, a domain-transformation has to be ef- 
fected for the selective transfer of filter coefficients 
from FDAF 11 to TDPF 9. Thereto, echo canceller 
1 in Figure 3 also includes transforming means 20 
and associated sectioning means 20(1) for effecting 
a 2N-point IDOT to transform the 2N frequency- 
domain filter coefficients W(p:m) at the output of 
memory 12(1) of FDAF 11 into N time-domain filter 
coefficients w(i;m) to be applied to programmable 
memory 9(1) of TDPF 9. These transforming and 
sectioning means 20,20(1) are included in a cas- 
cade arrangement with controllable gate means 15 
(subsequent thereto in Figure 3). It has further 
been shown diagrammatically in Figure 3 by 
means of dashed lines to control means 16 that the 
control of gate means 15 does not only depend on 
the levels of signals r a (k) and r(k) in accordance 
with condition (1), but can also depend on the 
levels of signals z(k) and x(k) in accordance with 
conditions (2) and (3) as explained in the descrip- 
tion of Figure 2. 

A drawing in further detail of a digital echo 
canceller according to Figure 3 will now be given 
with reference to Figure 4 in which is has been 
indicated explicitly that the N -point DOT is an 
efficient implementation of an N -point DFT with N 
= 2N known as 2N-point FFT, and in which the 
sectioning means are shown separated from the 
transforming means to described their functioning 
in a clearer manner. 

In Figure 4 far-end signal x(k) is applied to 
sectioning means 17(1) to be subdivided into 
blocks of 2N points by means of serial-to-parallel 
conversion, each block overlapping its predecessor 
by N points, as is shown symbolically in Figure 4. 
The points of a block of block number m are 

denoted x(i;m) with i = 1,2 2N-1. With the aid of 

transforming means 17 for effecting a 2N-point FFT 
and 2N time-domain points x(i;m) are transformed 
into 2N frequency-domain points X(p;m) with p - 

1,2 2N-1. In multiplier circuit 12(2) each point X- 

(p;m)'is multiplied by a relevant filter coefficient W- 
(p;m) from memory 12(1) for forming products X- 
(p;m)W(p;m) which represent 2N points E a (p;m). 
With the aid of transforming means 18 for effecting 
a 2N point I FFT these 2N points E a (p;m) are trans- 
formed into 2N points e a (i;m) in the time-domain. 
Because the filter coefficients W(p;m) can be con- 
sidered to be points of a 2N-point DFT effected on 
time-domain filter coefficients w(i;m) which repre- 
sent values of impulse response w(i) during block 
m, the multiplication in circuit 12(2) corresponds to 
a time-domain circular convolution of far-end signal 
x(k) during block m with impulse response^ w(i) 
during block m. The desired replica signal e a (k), 
however, is the linear convolution of far-end signal 
x(k) with impulse response w(i). In accordance with 



the overlap-save method this desired replica signal 
e a (k) is now zbtained by applying the 2N points e a - 
(i;m) of this circular convolution for each block m to 
sectioning means 18(1). in which by means j>f 
s parallel-to-serial conversion the first N points e a - 

(i;m) with i = 0,1,2 N-1 are discarded and the 

last N points S a (i;m) with i = N.N + 1.N + 2 2N-1 

are transferred as replica signal e a (k), as is shown 
symbolically in Figure 4. 
to For the blockwise adaptation of the frequency- 

domain filter-coefficients W(p;m) a known adapta- 
tion algorithm is utilized, for example, a complex 
least mean-square (complex LMS) algorithm. Ac- 
cording to the latter algorithm these filter coeffi- 
15 cients W(p;m) are adapted as long as there is a 
correlation between far-end signal x(k) and error 
signal r a (k). Since adaptation processor 13 operates 
in the frequency-domain, according to the overlap- 
save method this error signal r a (k) is applied to 
20 sectioning means 19(1) to be subdivided by means 
of serial-to-parallel conversion into blocks of 2N 
points, each block overlapping its predecessor by 
N points and forcing upon the first N points r a (i;m) 
with i = 0,1,2,...,N-1 the value of zero, as is shown 
25 symbolically in Figure 4. With the aid of transform- 
ing means 19 for effecting a 2N-point FFT, these 
2N points r a (i;m) are transformed into the 
frequency-domain in 2N points R a (p;m). The 2N 
points X(p;m) of each block m are further applied 
30 to conjugating means 21 for forming the complex 
conjugate value X"(p;m) of each point X(p;m). In a 
multiplier circuit 22 each conjugate point X"(p;m) is 
multiplied by the associated point R a (p;m) for for- 
ming products X"(p;m)R a (p;m) which correspond 
35 with the time-domain circular correlation between 
far-end signal x(k) and error signal r a (k) during 
block m. Each of the 2N products X-(p;m)R a (p;m) is 
multiplied by an amount of 2u(p;m) in a further 
multiplier circuit 23, u(p;m) being the gain factor in 
40 the adaptation algorithm, so that a product A(p;m) 
with 

A(p;m) = 2ii(p;m)X*(p;m)R(p;m) 
is formed which determines the modification of 
filter coefficient W(p;m). These modifications A- 
45 (p;m) are applied to accumulator means 24 con- 
stituted by memory 12(1) for storing the filter co- 
efficients W(p;m) of block m and an adder 25 for 
forming the sum of each coefficient W(p;m) and its 
associated modification A(p;m), which sum is 
so stored in memory 12(1) for producing the filter 
coefficients W(p:m) for the next block (m + 1). The 
adaptation algorithm can thus be written as 

W(p;m + 1) = W(p;m) + 2u(p;m)X-(p;m)R(p:m) 
The 2N filter coefficients W(p:m) in memory 12(1) 
55 are thus available for the multiplications in circuit 
12(2) as well as the transfer to TDPF 9. 

If the far-end signals x(k) are uncorrected or 
correlated only to a slight degree, gain factor 
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LUp;m) can have a same constant value a for each 
of the filter coefficients W(p;m), which value is 
independent of block number m (this constant val- 
ue a is known as the adaptation factor of the 
algorithm). For strongly (auto)correiated far-end 
signals x(k), such as speech, the speed of conver- 
gence of FDAF 11 can be considerably increased 
in a simple manner by decollating far-end signals 
x(k), which can be effected by normalizing their 
power spectrum (see for example page 36 of the 
above article by Gritton and Lin). Since in FDAF 11 
the frequency-domain points X(p;m) are already 
available, such a normalization can be performed in 
a simple manner with the aid of normalizing means 
26, in which the adaptation factor a is divided by 
the power |X(p;m)f of point X(p;m) and the result- 
ing quotient, after a blockwise smoothing with the 
aid of a simple recursive filter, is used as gain 
factor u(p;m) for the multiplication by 2u(p;m) in 
circuit 23. 

As already explained hereinbefore, the filter 
coefficients W(p;m) in memory 12(1) are to be 
regarded as points of a 2N-point DFT effected on 
2N time-domain filter coefficients w(i;m) during 
block m. This ensues that the 2N filter coefficients 
W(p;m), which have passed controllable gate 
means 15, are transformed into 2N time-domain 
filter coefficients w(i;m) in transforming means 20 
for effecting a 2N-point IFFT. However, TDPF 9 
possesses no more than N time-domain filter co- 
efficients w(i;m) with i = 0.1.2....N-1 which are 
stored in memory 9(1) and are used in convolution 
circuit 9(2) for generating a first replica signal e(k) 
during block m. The remaining N time-domain filter 
coefficients W(i;m) with i = N. N + 1.N + 2....2N-1 
are extraneous as regards TDPF 9 and are there- 
fore discarded in sectioning means 20(1). as is 
symbolically shown in Figure 4. As also explained 
hereinbefore, after convergence of FDAF 11, the 
2N filter coefficients W(p;m) and hence also the 2N 
corresponding filter coefficients w(i;m) will keep 
fluctuating around their final values due to the finite 
precision( that is to say, wordlength or number of 
bits) of the signal representation in FDAF 11 and 
due to the presence of noise and other types of 
disturbing signals in sum signal z(k) at send input 
SI (in addition to echo signal efk) which has to be 
cancelled). The variances of the fluctuating filter 
ccefficients will all have a same /alue when gain 
factors Li<p;m» have been chosen in the manner 
described in the preceding paragraph. An important 
parameter for the convergence behaviour of a 
block-adaptive filter is the ratio J(mj of the variance 
of the residual echo signal [e(k>-eik)] in block m to 
the variance of echo signal e(k) in block m (as is 
well known, this variance corresponds with the 
means signal power value over a block m, when 
the relevant signal is a signal having a zero mean 



value). The final value & of £(m) after convergence 
is known as the bottom noise factor (or final mis- 
alignment factor). This final value /3 is mainly deter- 
mined by the sum of the variances of the filter 
5 coefficients (at the customary values of the adapta- 
tion factor a). The fact that each time a number of 
N of a set of 2N time-domain filter coefficients w- 
(i;m) are extraneous as regards TDPF 9 implies 
that the final value j3 for FDAF 11 is actually 
to unnecessarily higher by a factor of two (3 dB) than 
the final value £ for TDAF which is equivalent to 
FDAF 11, and which has no more than N time- 
domain filter coefficients. As already explained in 
the introductory part of the present description, this 
is increase of the final value £ can be prevented by 
halving the adaptation factor a as a result of which 
also the speed of convergence is halved. A solution 
to this problem is described in the above article by 
Clark et ai. t which solution consists of inserting 
20 window means in adaptation processor 13 of FDAF 
1 1 , that is to say between multiplying circuit 23 and 
adder 25. In view of the intended reduction of the 
computational complexity, however, the implemen- 
tation of these window means in FDAF 1 1 of echo 
25 canceller 1 according to the invention is abandoned 
(for the implementation of these window means 
considerably adds to the computational complexity 
of a FDAF, as described with reference to Figure 3 
in the article by Clark et at.). The consequent 
30 augmentation of the final value £ in FDAF 11 of 
Figure 4 does not affect TDPF 9, however, because 
the sectioning means 20(1) inserted between trans- 
forming means 20 and memory 9(1) of TDPF 9 
ensure that the N filter coefficients w(i;m) with i = 
35 N.N + 1.N + 2....2N-1 are discarded, so that also the 
contribution of these N filter coefficients to the final 
value /3 of FDAF 11 does not penetrate to TDPF 9. 
Worded differently, the final value £ of FDAF 1 1 is 
actually decreased by a factor of two (3 OB) as 
40 regards TDPF 9. The window function thus ob- 
tained can be implemented in an extremely simple 
manner, because sectioning means 20(1) can be 
realized by interconnecting only a number of N of a 
set of 2N inputs to a set of N outputs. 
45 Although in case of double-talk TDPF 9 is 

isolated because the supply of filter coefficients 
from FDAF 1 1 is interrupted, FDAF 1 1 itself can be 
considerably misadjusted during double-talk. This 
means that after double-talk has encec r-tra -.;me 
so is required to eiimmate this misacjustment - or- mis- 
alignment) and then resume tne supcly of £rccer'y 
adjusted filter coefficients from FDAF 1 1 to TDPF 
9. 

According to a further aspect of the invention 
55 this drawback can be obviated by copying oack as 
it were into memory 12(1) of FDAF 12 the set of N 
filter coefficients which was present m crogram- 
maoie memory 9(1) of TDPF 9 just cncr :o re 
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occurrence of double-talk, so that after double-talk 
has ended, the recovery time of FDAF 11 for 
reaching convergence is reduced considerably and 
the applying of properly adjusted filter coefficients 
to TDPF 9 can be resumed at an appreciably 
earlier instant. The means for this copying back are 
formed in Figure 4 by a cascade arrangement of 
second controllable gate means 27 and transform- 
ing means 28 with associated sectioning means 
28(1). Gate means 27 are normally in a closed 
position, but when they are open, the N filter coeffi- 
cients w(i;m) with i= 0,1,2 N-1 for each block m 

are read (non-destructively) from memory 9(1), ap- 
plied to sectioning means 28(1) and augmented 
therein to a set of 2N coefficients w(i;m), the value 
of w(i-m) = 0 being imposed on the last N coeffi- 
cients w(i;m) with i = N.N + 1.N + 2 2N-1. With 

the aid of transforming means 28 for effecting a 
2N-point FFT these 2N coefficients w(i;m) are 
transformed into the frequency-domain in 2N co- 
efficients W(p;m) which are applied to memory 12- 
(1) of FDAF 11 to be written over the values 
occurring during double-talk. The control means 16 
are also arranged for biockwise determining the 
levels of send input signal z(k) and far-end signal 
x(k) and generate a second control signal for open- 
ing the second gate means 27 when the following 
condition is satisfied: 

L[z(k)] > c 3 L[x(k)] (4) 
that is to say, when the level of send input signal z- 
(k) is less than -20 log c 3 dB lower than the level of 
far-end signal x(k), so when there is distinct evi- 
dence that double-talk occurs. A comparison with 
condition (3) in the aforementioned shows that con- 
dition (4) and condition (3) are exactly each other's 
opposites, and that meeting condition (3) - pro- 
vided that conditions (1) and (2) are met simulta- 
neously - results in the opening of gate means 15 
and closing of gate means 27. whilst meeting con- 
dition (4) produces just the opposite result. It 
should be observed that, analogous to the case of 
the gate means 15, the control of gate means 27 
can be improved by making further conditions on 
the generation of a second control signal for open- 
ing gate means 27. However, in practice it appears 
that a control only on the basis of condition (4) is 
amply sufficient. With respect to the values of the 
positive constants Ci , c 2 and c 3 in the conditions 
(1)-(4) it should be observed that in an echo can- 
celler according to the invention in the case of 
speech signals it holds that the value c, is slightly 
smaller than 1. the value c 2 is about 1/4 to 1'8 and 
the value C3 is about 1/2 to 1-4. 

Figure 5 shows a portion of echo canceller 1 
according to Figure 4 to illustrate that the section- 
ing procedure of the overlap-save method can be 
implemented in various ways. Figure 5 differs from 
Figure 4 in that sectioning means 19(1) from Figure 



4 have now been transferred to the input of com- 
bining circuit 14 and now sum signal z(k) is sub- 
divided into blocks of 2N points z(i;m) in sectioning 
means 19(1) with the aid of serial-to-parallel con- 
5 version, each block overlapping its preceding block 
by N points and the value of zero being imposed 

on the first N points z(i;m) with i = 0,1.2 N-1. as 

shown symbolically in Figure 5. In Figure 5, sec- 
tioning means 18(1) perform the same function as 
10 in Figure 4, but now in Figure 5 without utilizing 
parallel-to-serial conversion. The above differences 
with respect to Figure 4 result in that combining 
circuit 14 in Figure 5 should now have 2N inputs 
for 2N points e a (i;m) and 2N inputs for 2N points z- 
75 (i;m) at the outputs of the respective sectioning 
means 18(1) and 19(1), and that at the 2N outputs 
of combining circuit 14 in Figure 5 the 2N points r a - 
(i;m) should be available for transforming means 
19. As regards a practical implementation of Figure 
20 5 it should be observed that naturally use is made 
of the fact that when sectioning is effected in 
sectioning means 18(1) and 19(1) the following 
holds: e a (i;m) = 0 and z(i;m) = 0 for the values i 

= 0,1,2 N-1. so that combining circuit 14 only 

25 needs to possess a number of N inputs for N 
points e a (i;m) and a number of N inputs for N 
points z(i;m) for the values i = NJM + 1,N + 2...,2N- 
1. Needless to observe that combining circuit 14 in 
that case only has N outputs for the N points r a - 
30 (i;m) = with these values i = N t N + 1 ,N + 2....2N.1 . 
As it holds that r a (i;m) = 0 for the values i = 

0,1,2 N-1, the required 2N points r a (i;m) at the 

2N inputs of transforming means 19 can easily be 
obtained by permanently applying to the N inputs a 
35 zero value for these values i. A last difference with 
Figure 4 is that control means 16 in Figure 5 now 
receive blocks of 2N points r a (i;m) and also blocks 
of 2N points r(i;m) which have been obtained from 
send output signal r(k), as is shown symbolically in 
40 Figure 5, with the aid of sectioning means 29 
having the same function as sectioning means 19- 
(1). In the same manner blocks of 2N points x(i;m) 
and z(i;m) at the output of the respective sectioning 
means 17(1) and 19(1) are applied to control 
45 means 16 for satisfying conditions (2) and (3). It is 
self-evident that with a practical implementation of 
control means 16 the numbers of inputs for these 
blocks are not 2N, but N. whilst for each block m 
only the last N points x(i;m) with i = 

50 N,N + 1 ,N + 2 2N-1 are recovered from sectioning 

means 17(1). Naturally, for determining the respec- 
tive levels in control means 16 in Figure 5. the 
block length is preferably equal to N or an integral 
multiple of N. 

55 Figure 6 illustrates a possible implementation 

of the control functions which in the case of Figure 
5 are performed in control means 16 for generating 
control signals for the gate means 1 5 and 27 of the 
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echo canceller. For controlling gate means 15 use 
is made of an AND-gate 30 having three inputs 
receiving preparation signals E(1), E(2) and E(3) 
when the respective conditions (1), (2) and (3) as 
they have been stated hereinbefore are satisfied- 
Only when these three conditions are satisfied si- 
multaneously, will AND-gate 30 generate a control 
signal for opening gate means 15. For simplicity it 
is only represented in Figure 6 how preparation 
signal E(1) can be obtained. By squaring the points 
r a (i;m) and r(i;m) of block m in the respective 
squaring circuits 31,32 and subsequently averaging 
the obtained values [r a (i:m)] 2 and [r(i;m)] 2 for block 
m. with the aid of the respective summing circuits 
33,34, signals L[r a (k)] and L[r(k)] are obtained re- 
presenting the level of the signals r a (k) and r(k) as 
the mean value of the power of the signal samples 
over a block m. These signals L[r a (k)] and L[r(k)] 
are applied to a comparator 35 which generates a 
preparation signal E(1) when condition (1) is satis- 
fied. The preparation signals E(2) and E(3) are 
generated in a similar manner when condition (2) is 
satisfied for the signals r a (k) and z(k), and condition 
(3) for the signals z(k) and x(k), respectively. A 
control signal for opening the gate means 27 is 
generated when condition (4) is satisfied. As al- 
ready stated before, condition (4) is just the op- 
posite to condiditon (3) and hence the control sig- 
nal for opening the gate means 27 can be obtained 
in an easy manner by inverting preparation signal 
E(3) by means of a NAND-gate 36. 

Basically, it is possible in Figure 6 to utilize the 
known property of an N-point DFT that the mean 
value of the power in a block of N points is pro- 
vided by an expression which, apart from a con- 
stant scale factor 1N, has the same form for points 
in the frequency-domain as for points in the time- 
domain. For example, signal L[r a (k)] can be derived 
from the frequency-domain points R a (p;m) at the 
output of transforming means 19 in Figure 5 by 
utilizing squaring circuit 31 and summing circuit 33 
and using a suitable chosen scale factor. 

By implementing the specific filter combination 
of FDAF and TDPF according to the invention all 
conditions which are to be made on an echo can- 
celler for applications in the field of acoustics can 
be satisfied, that is to say: fast convergence, negli- 
gible delay, good double-talk protection and re- 
riucea complexity. 

In addition, tne presence of a programmable 
memory 9(1) ; or the filter coefficients of TDPF 9 
enables to perform a preprogramming when echo 
rar.ceiier 1 is used in a loudspeaking telephone set 
as described with reference to Figure i. A consid- 
erable portion of the impulse response of echo 
path 8 between loudspeaker 5 and microphone 6 in 
Figure 1 is determined by the spatial structure of 
:hs set itself and is thus known a prion. Hencs the 



impulse response of echo path 8 can in the first 
instance be reasonably approximated by a model 
based on a priori known data, and the filter coeffi- 
cients representing this approximated model can 
s then be preprogrammed as fixed initial values in 
the memories 9(1) to TDPF 9 when installing the 
telephone set. 

w Claims 

1. A digital echo canceller with a receive path 
between a receive input and receive output, and a 
send path between a send input and a send output. 
75 said echo canceller being used for cancelling an 
additive echo signal at the send input which has 
occurred in response to a receive input signal 
applied to the receive input, said echo canceller 
including: 

20 - a filter combination comprising 

- a first digital filter with a programmable filter 
coefficient memory for generating in response to 
the receive input signal a first replica signal which 
is an estimate of the echo signal, and 

25 - a second, adaptive digital filter with a filter 

with a filter coefficient memory for generating in 
reponse to the receive input signal a second rep- 
lica signal which is an estimate of the echo signal, 
the second digital filter further including means for 

30 forming an error signal that is representative of the 
difference between a signal applied to the send 
input and the second replica signal, and an adapta- 
tion processor for adaptively modifying filter coeffi- 
cients in response to the receive input signal and 

35 the error signal and applying the modified filter 
coefficients to the filter coefficient memory of this 
second digital filter; 

- means for forming a send output signal as the 
difference between the signal appliea to the send 

40 input and the first replica signal; 

- controllable gate means for selectively applying 
the modified filter coefficients to the programmable 
filter coefficient memory of the first digital filter; 
and 

45 - control means for blockwise determining the re- 
spective levels of the error signal and the send 
output signal, and for generating in response to the 
levels thus found a control signal for the gate 
means which depends in a predetermined manner 

so on differences between the respective ieveis: 
characterized in that: 

- in the said filter combination the second digital 
filter is a frequency-domain blocK-adapxive ti ter 
having a block length of N comconents arc r:av- 

55 ing, for each signal block m. a numcer of N 
frequency-domain filter coefficients W(p:m> with p 
= 0.1.2 N -1, and the first digital filter is a time- 
domain programmable cigitai Mter ha/irg a rum- 
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ber of N time-domain filter coefficients w(i;m) with i 
= 012 .N-1 , with N' exceeding N; and 

- the echo canceller further includes transforming 
means, cascaded with the gate means, for forming 
the N time-domain filter coefficients w(i;m) required 
in the first digital filter as components of an N - 
point Discrete Orthogonal Transform of a block of 
N' frequency-domain filter coefficients W(p;m). 

2. A digital echo canceller as claimed in Claim 
1 . characterized in that 

- the echo canceller also comprises a cascade 
arrangement of second controllable gate means 
and second transforming means for forming the N 
frequency-domain filter coefficients W(p;m) as 
components of a Discrete Orthogonal Transform of 
the N filter coefficients w(i;m) in the programmable 
filter coefficient memory of the first digital filter and 
for selectively feeding back the thus formed filter 
coefficients W(p;m) to the second digital filter; and 

- the control means are also arranged for blockw.se 
determining the respective levels of the receive 
input signal and the send input signal, and for 
generating a second control signal for opening the 
second gate means if the level of the receive mput 
signal thus determined is lower than the level of 
the send signal thus determined. 

3 A digital echo canceller as claimed in one of 
the preceding Claims, characterized in that the 
programmable filter coefficient memory of the first 
digital filter is preprogrammed by inputting a num- 
ber of N filter coefficients w(i;m) representing a first 
approximation of the impulse response of the echo 

path. , 

4 A digital echo canceller as claimed .n one of 
the preceding Claims, as a part of a loudspeak.ng 
telephone set. 
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